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@ Method and apparatus for signal processing. 

gfi A digital demodulator for a NICAM 728 system 
® signal has sampling and digging means con- 
verting the signal into a success.cn of digital 
samples The digital samples pass through an 
3 iasing digital comb filter to a selector 

tSriS ****** ° ne sample in tf i ree f n . d 

eeos to a second digital filter. Digital match- 
ed fiOes for the in-phase (I) and quadrature (Q) 
com^nente of the signal effect the demodu- 
tetT Carrier and symbols I tracking is earned 
out diqitaHy. A pulse-width modulated automa- 
SglfEiW signal is produced I for control- 
ling the amplitude of the s.gnal applied to the 
sampling and digitizing means. 
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The present invention reiates to signal processing and in particu.ar to the digital processing of signa.s in 

a selected band of frequencies. ein .-| tt in Hinital form in a television broadcast signal 

„ is proposed to transrnit^h flde, £ sUreo ^^ m JS^S. ,„ M system, the two 
using a system known as NICAM 728 for which a spec ^ modu|ated usjng 

ssatss srss'sssi - — — » ~ — — ■ 

in which each change of state conveys two data bite^ reaDect ivelv which differ from one another in 

■V ft. ctam* "P»«0" » ' "« and in ft. 6 i ( . » « I MW. «», Fu sound. . 

« ft. NICAM 728 » '^r^Z - -«»*► 

rrrrdtrosc=^ 

resenting the samples, producing output digital signals, 

group of the output digital signals representing a plurality of success.ve samp^s 

9r ° UP lond digital S.tering means receiving the digital nitering mean, 

SP T^ng P to 9 a second aspect of the present invention there is provided a method of processing an input 
Si9na " SSS, sampling the input signa. and producing digital signals representing the samp.es. 

such signals representing a plurality of successive samples. 

overall filter characteristic passmg a ^J«^^5SSftiuUy band and one or more troughs 
paHodic* » ft* •» "<••»" "» "1 ^tSff *T2,S»mfl«l at 16.384 MHz »Ncn k •« 

„». ,„ ft. ^z^s^XXtZZX* - - « " l0 ' ,M 728 

x 32 kHz, the sampling rate used to produce the niuam S iy j 

may be synchronised, the se.ecjng * 

Automatic gain control may be apphed to an amp Jr*"^™,; t0 h 9 andle . The automatic gain contro. 
means so as to reduce the dynam.c range tta he d,grt>z ng means ^ 
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the automatic gain control signal. a¥flmn . a a NICAM 728 signal and the 

The input signal may be a quadrature ^.^Sl?.^"d h^t^matchedflten 
digital signal processing means may operate matched filters 

for the quadrature components ofthes, g nal and a ^ me into group8 

^en!^ 

content of the groups. .^ nr ___ cnr The mlcroDrocessormay include two 

to the accompanying drawings, of which:- _ arahlo . 
pi™ irp 1 is a diaaram of the architecture of the apparatus, 

HGURE 5 IstZ L operation of the first digital filtering means, the anb-al,as filter. 
FIGURE 3 shows the selecting means; 

FIGURE 4 shows the structure of the P™^."*™ * 4 and Figure 6 shows the Q processing 
FIGURE 5 symbols shows the I channel processing arm of Figure 4 ana i-igure o 

arm of Figure 4; 

ssssn ssssss 25- ■ — 

piaure 1 2 shows the pulse width modulators of Figure 1 , 

FIGURE 13 fs the consfeila.ton diagram of a NICAM 728 DQPSK modulated s,gnal, 

FIGURE 14 shows the energy changes from one symbol to the next. 

FIGURE 1 5 shows the control loop for tracking the symbols; 

FIGURE 16 illustrates the entire NICAM data demodulation algorithm, and 

■■ H-„inth« NICAM band by the subsequent decimation process. The filter is a cascade oTmree 

ZZ 7£S. • "it resu.t of the final addi«on/substraction are propagated forward to the decimator. 

2 Implementation of slip function to maintain symbol tracking lock. 
Figure 3 shows the architecture of the decimator 3. 

sample streams which feed the matched filters. 
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data stream. rth « e ^ rt < «ariv/iAte data streams are returned to 

teed to a 16 304 Mm ™»te, *«. «. ««r ^."""J ?.H £ M« M> 
^l»,fW^«'«3»MH I ^h«l^»W>^0'"^P-^ t4 ^ , - Sln *"" 

f5 Clearly this counter is clocked at the symbol rate. mft . . where th AGC loop drives the front end 

** CSSXin. 4 p^. ft. - ft. *» *™— « » •**» **"** 

20 1 . Matched filtering 

2. AGC 
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3. Carrier tracking 

4. Symbol tracking 



*»* awppm ctaiBy. Ftp. 4 ^ a bto* d,.»rm <««™«°" SJ^SSoTrWr in co™nurtc«. via 

Register = (holding register) = Z[ + / - /plus] W 



or 

35 where 



40 



45 



operations). 

X = 8 bit 1 late* input from the decimator. 

8 bit2's complement representation of the sign (ie. + M) of the Y parameter at the multiplier 

input 

Y = 8 bit 'early' input from the decimator, 

50 "•^ R Sm1!5i bits of any value held in either channel's ^is^e 

The 8 bit result of shift A on the contents of any register in e.ther channel s register file 
(see below for definition of shift A operation) 

[ + / - / plus ] means either * +' or * or * plus* 
55 + = 1 6 bit addition (2 + W) with saturation. 

= 1 6 bit subtraction (Z - W) with saturation, 
plus = 16 bit addition (Z + W) without saturation (ie. modulo 
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15 



20 



FFFF hex) - NON FILTERING INBTJWCTrajS . FILTERING .NSTRUC 

1 7 bit addition (Z + W) without saturation (te. modulo 1 FFFF hex) - EARLY/u\ 1 t r il 
TIONS 

result_shift (X * Y) is either : 

. 0' used as the two LSbs) saturation logic is required: 

if ( fX • Y) >= 8192) ) 
L shift (X * Y) = 32767; 

else 

tf((X* Y)<=-8192) ) 
Lshift(X ' Y) = -32768; 

else 

L.hift(X« Y)= (X- Y)«2 

} 



Definition of multiplier input operand (Y) shifting operations extension . 
Shift A = output = input »8 (with sign extension) 

25 Definition of adder/subtractor input operand (W) shifting operations 

Shift B = output = input »12 (w.th sign extension) 

Qhift c = outDut = input »2 (with sign extension) 

. - SHESS5SSS3S3S3 

filtering. rnultiply-accumulate instructions which 

Restriction include (See architecture): 

1 The special constant registers are rad only registers. 
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Pr0CeS8in9 Teleprocessing arm can access a register in its local lister n.e via its 

Cross channel mode : wherTeach processing arm can access a register in the other channel register 
file via the * B' bus of the other arm. , 
Thuscontentionisavoided by resecting both arms ••^^-^^T-^^KSS'SS' 
The processing arms communicate with the rest of the archrtecture v,a ^^^^'^"'^ii 

HR2 HR3 and HR4. The holding registers are write only registers. HRO and HR2 appear ,n arm I s address 

space whereas HR1, HR3 and HR4 appear in arm Q's address space. 
Two ROMs are used in the processing engine architecture, namely: 

1) l-Rom, Q-ROM : 128 words x 16 bits 

Note : the upper eight bits holds I values and the lower eight bits hold Q values. 

2) COS-ROM : 128 words x 8 bits 

The two ROM's may be combined in a single ROM. 

rZ i ROM ROM is used exclusively by the I processing arm. Similarly the Q_ROM ROM is used exciii 

*SZS^^£^^£^ - « «™ — sing r s - f ? fonn these ^ 

address S decode ROM width. The MSb of the ROM address is proved by 

* 6 sCeTh^^ 

Tl S result which is then used to address the COS.ROM. The sin/cos look up may be defined as . 
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30 lit l: COSINE TABLE ACCESS 

COS(angle) = COS-ROM (address) 
where address is given by 

case a- Msb of angle is zero 

address = seven LS bits of angle 

caseb: Msb of angle is one , v .... Tt , n 
address = seven LS bits of angle 1N\ ERTED 

« case 2: SINE TABLE ACCESS 

SLN(angle) = COS(angle - 64): 

Note: The l_ROM and Q.ROM could equivalent* be implemented eKher by a single 128 by 16 wide ROM or 
two 128x8 bit ROMs. _ 

It should be noted that the content of the COS.ROM at address N is defined by 

[127 . COS(Wn/128 + «/256)] 
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SPe ^:L mu mme,^ 

<D(f) 
G,(/) 



The optimum filter for 
by equation 1.15. 



where 

H(J) = Matched filter response 

nif) = wanted signal spectrum 

G,V) = Interference signal power spectral density function 

K is an arbitrary constant which may be ignored. 

The digital equivalent of equation 1.15 is given by equation 1.16. 



H(z) = (1-16) 



Transforming back to the time domain and utilising the ^Wiener-Khintchine theorem, equation1.15becomes 

O f Hf) * H(f) = D(f) (1.17) 

where 

* denotes convolution. . . M 

a» ^ft = autocorrelation function of the interference signal. (1.18) 

,n the case where £ interfe^nal may be assumed to be uncorrected from samp.e to sample (,.e. 
it has a- white" spectrum) then ^ s m (1 . 19) 

and equation 1.17 reduces to the well known result 

H(f) = D(r) P-^u) 

i.e. that the matched filter has the same response as the wanted ^ from a 8ite 

of the comb filters with the FIR filter. The coefficients used are: 
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HQ( 1 J 
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HI(2) 




-6/256 




2/256 


HI(3) 




0/256 


HQ I J 


- -3/256 


HI(4) 
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1/256 
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1/256 


HI(5) 




-9/256 




= 0/256 


HI(6) 




-2/256 


ny \ o } 


- -18/256 


HI(7) 




32/256 


un 1 1 \ 
HQ{ / } 


- -11/256 


HI(8) 




28/256 


HQ I o ) 
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HI(9) 




-46/256 


nQ( 9 J 
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-80/256 


HQ( 10 ) 
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HQ( 11 ) 
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HQ( 12 
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HI(13) 




49/256 


HQ(13 J 
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HI(14) 


= 


-113/256 


HQ ( 1 4 ) 


_ 86/256 


HI(15) 




-113/256 


HQ (15) 
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HI (16) 
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49/256 


HQ { 16 J 


= -127/256 
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- 12/256 
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« -i ^ fhl Irm fii^ro in the I and Q arms are implemented as a cascade 

In the case of systems B and G, each of the arm filters in tne i «nu w 



8 



EPO 512 748 A2 



10 



the feedforward equalizer. The coefficients used are:- 

FFEI(O) = -52/256 FFEQ(O) - -52/256 

FFEI(l) = 1 FFEQ(l) » 1 

FFEI ( 2 ) = -52/256 FFEQ( 2 ) - -52/256 



HI(0) = 22/256 HQ(0) = 3/256 

« HI(1) * 18/256 HQ(1) = 9/256 

HI(2) = 8/256 HQ(2) = 18/256 

HI(3) = -3/256 HQ(3) = 29/256 

HI(4) = -16/256 HQ(4) = 37/256 

HI(5) = -30/256 HQ(5) =■ 38/256 
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The matched filters only operate successfully when the phase of the carrier for each symbol is the same 
as the reference phase used in the matched filters. The received carrier may, however, have any arbitrary 
phase, which will vary with time due to transmitted carrier frequency drift and the local sampling rata vanatans. 
The carrier lock loop is required to calculate the phase difference angle, and rotate the output of the matched 

fllte CorSer'Seoperationof the matched filter which is matched to the inphase component of the NICAM sig- 
nal. The NICAM signal may be represented by 

z(f) = /,cD(f)cos(wcf - a) - Q,AOsin(wcf + °) ( 1 - 36 ) 
The impulse response of this matched filter P<<) is thus given by 

P/(t) = i4D(f)cos wet (1 .37) 

where A Is an arbitrary gain constant 

Tthe matched filter is considered as an ideal correlation receh/er then VOI(KT s ), the in-phase component 

output by a matched filter, is given by> 



VOI(KT s ) = I' Pi(t):{t)dl 



(1.38) 



S ' nCe cos(wct + 0) — cos wet cos 0 - sin wet sin 0 (1 .39) 

sin(vw* + 0) = sinwcfcos0 + costive* sin 0 (1.40) 
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then 



VOI[KT s ) = A cos o J" I K D 2 (t) cot 2 wctdt 
- A sin <p r Q K D 2 {t) cos 7 wctdt 

J -oc 

-^Acos^* Ii<D 2 (t) sin u>ct cos wct<£* 

- .4sin* /* <? K £> 2 (0sinti;c*cosu;<rf<i* ( L41 ) 
The third and fourth integrals are integrals of an odd function over symmetric limits and thus integrate to 



zero. 

Hence 



VOI(KTs) = Ik A cos * f \D{t) cos wct\; dt 

-Q K A$i*6 ' D{t) cot wet} 2 dt (1-42) 

now 0(f) cos wet corresponds to the baseband pulse shape modulated onto a cosine carrier. The power spectral 
density function G^f) is given by 

G M {f)df = |~ (0(0 co« wet ) 2 ^ (1.43) 

Hence 

KO/(#r.) = I K Acosi f m G,{f)df + Q K Asin<t>^G t U)*f (1.44) 
If E is the energy within the symbol due to the inphase component then 

j~^G t U)df = E (1.45) 



HenCe VO/(KT s ) = [l K cosa + Q K sino].A£ (1.46) 

Similarly for the quadrature component 

VOO(KTs) = [ - / K sin c + Qk cos 4 (1 -47) 
The above results may be obtained directly by resolving the inphase and quadrature components onto the 
reference vectors with the gain A equal to unity. 

/ 0/p = IREF.(l K + Qk) (1*8) 

11 
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= £[//cCOS 0 + Q K sin 0] (1 .49) 
0 0/p = QREF.{I K + Qk) (1.50) 
= £[- / K sinc + OkCOSO] (1.51) 
Hence we may correct fr phase error by rotating the output of the filters thus 
/kE ' cos 0.VOI (KT S ) ■ sin 0VOQ(KT S ) (1.52) 
Qk£ = sine. VO/(KT s ) + cos zVOO {KT S ) (1.53) 
ie the correct I and Q outputs I' and Q' are given by 
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COS0 — SID ^ 

sin 0 cos 0 



(1.M) 



The angle a may be calculated from VOI(KT s ) and VOQ{KT s ) by base-band remodulation. That is implemented 
by the right-band side of Figure 7. 

Assuming that the limitets produce the original baseband signal l K and C^hen y is given by 
y = EICVkCOS a + Ok 2 sin el - EVkQk cos a - l&in a] (1.55) 
= + 2E sin a (since /k 2 = Q/c 2 = £) (1-56) 
Given sin a may use a look up table for cos o and hence generate the rotation matrix, or alternatively, since 
the loop will be nominally opening in lock, a may be assumed to be small so ttiat m m sin a te 
Returning to the assumption that , K and Q K are obtained at the output of the tamtam, this assumption • 

va,id if ™ 

cos o = sin 0 > 0 (1.57) 

ie if 

0<5 0- 58 ) 
4 

Since the reference carrier arbitrarily be any be any one of four vectors spaced § apart then the incoming 
NICAM carrier cannot be more than \ from a possible reference carrier position. Therefore the assumption is 

valid in the absence of interference. , A . . . . 

Figure 7 illustrates the carrier tracking loop. The loop filter 20 provides a feedback path between the base- 

band remodulator and the rotator. 

The required ideal characteristics of the carrier loop filter are: 

1 Zero steady state error (E(z)) as a result of a step change in a(z). A step change m e(z) anses if the 
incoming NICAM carrier has a fixed non-zero phase offset with respect of the local earner Phase . 

2 Zero steady state error (E(z» as a resu.t of a ramp change in «(z). A ramp change ,n a(z) ■ f^rf 
the incoming NICAM carrier has a fixed frequency offset relative to thelocal caner frequency. Th.ss.tuat.on 
will occur due to transmitter inter-carrier drift and variations in sampling clock frequency. 

I S phase jitter on the estimate of carrier phase a(z). The output of the baseband remodulator will be 
coated by ISI, noise and residual TV sfcna. interference. Ideally the carrier loop filter shoud remove ^ 
^component by providing sufficient attenuation of the frequency components wh.ch make up this jitter 
signal. 

Figure 8 shows the architecture of a suitable loop filter. „ te ^ Mn . a -rhta 

Asdiscussed previously, the outputof the baseband remodulator is corrupted by residual interference. Th« 

gives rise to . Jitter" on the carrier tracking error estimate. This Jitter is filtered by the loop filte, ' 
corruption of the rotation angle used by the rotator, thereby degrading system performance I order toroduce 
mTrosidual jitter at the output of the loop filter the loop filter gain and bandwith are required to be reduced. 
T^cale^ 

is a trade-off between setting time and jitter performance. 

The baseband remodulator performs the estimation of carrier tracking error on a symbol to symboM basis. 
This estimate is only valid if the carrier tracking error remains constant for the durat.on of each symbol Hence 
HZ a ^uency offset between the received carrier and local carrier reference , |^mer poking 
error estimate provided by the baseband remodulator is in error. This error is related to the frequency offset 
(fdiff) between the local and received carriers and the symbol rate. ie. 

2itfdiff 

err0r "symbol rati 

In the case of fdiff = 1 kHz for System I, the error was found to be approximately 0.006 radians. Hence 
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the constant of proportionality is » 0.35. 

The carrier loop filter shown in Figure 8 is a design based on the zero steady state error requirements. It 
can be shown that even with this * ideal' filter structure the steady state error will in fact be non-zero. This result 
leads to the conclusion that a simplified filter structure (which does not necessarily meet the zero steady state 
error requirements) could be used with negligible loss in performance, provided that the theoretical steady state 
error is small compared to expected degradation due to the baseband remodulator corruption of carrier tracking 
error (or small compared to the residual jitter). The architecture of a simpler loop filter designed on that basis 
is shown in Figure 9. 

The simplified loop filter is a cascade of a single integrator and a lowpass filter (See Figure 9 and requires 
one less accumulator than the ideal' filter given previously. The presence of the single integrator guarantees 
zero steady state error in response to step change in phase difference. The steady state error in response to 
a ramp change in phase difference is 

P - l\ 2*rfdiff 



Hence for equivalent performance with the loop filter shown in Figure 8 then 

lw; <<0 -* 

If the DC gain of the lowpass section is normalised, ie. 

K = Ktf . P) 



then the requirement becomes 



=>K V » 2.85 forG» 1 



Claims 

1. Signal processing apparatus including 
an input circuit for receiving an input signal to be processed, 

sampling and digitising means for repeatedly sampling the input signal and producing digital signals 
representing the samples, 

first digital filtering means receiving the digital signals and producing output digital signals, 
selecting means for regularly selecting the output digital signals representing one sample from each 
group of the output digital signals representing a plurality off successive samples, 

second digital filtering means receiving the selected output digital signals, and 
digital signal processing means responsive to the output signals from the second digital filtering 
means, 

the characteristics of the first and second filtering means in conjunction with the operation of the 
selecting means producing an overall filter characteristic passing a desired band of freqencies with a pre- 
determined spectrum shaping. 

2. Apparatus according to claim 1 , wherein the characteristic of the first digital filtering means has a peak in 
the desired freqency band and one or more troughs in respective frequency bands which overlie the de- 
sired freqency band as a result off the operation of the selecting means. 

3. Apparatus according to claim 2, wherein the first digital filtering means comprises a plurality of comb filters 
in cascade. 

55 4. Apparatus according to claim 2 or claim 3, wherein the selecting means selects the output digital signals 
representing one sample from each group of the output digital signals representing three samples. 

5. Apparatus according to any one of the preceding claims, wherein the input signal includes representations 
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of symbols produced at a second repetition rate and derived from samples taken from an original signal 
at a first repetition rate, the sampling rate off the sampling and digitising means is a multiple of the first 
repetition rate, and the operation of the selecting means is periodically modified so that the mean repetition 
rate of the selected output digital signals from the selecting means is a multiple of the second repetition 
rate. 

Apparatus according to any one of the preceding claims, wherein the digital signal processing means in- 
cludes means for periodically processing samples from the signals it receives from the second digital fil- 
tering means and means for producing a pulse-width modulated output signal from the processed samples, 
the pulse-width modulated output signal being usable after smoothing as an automatic gain control signal 
for limiting the dynamic range of the input signal applied to the apparatus. 

Apparatus according to claim 6, wherein the sampling and digitising means Is arranged to produce an over- 
load signal when the input signal reaches a maximum value that can be digitised, the overload signal being 
usable to modify the automatic gain control signal. 

Apparatus according to any one of the preceding claims, wherein the input signal is a quadrature phase 
modulated signal and the digital signal processing means operates as a demodulator and includes two 
matched filters for the quadrature components of the signal and rotator means responsive to the outputs 
off the matched filters for adjusting the values of the signal components so that the signal is in a reference 
phase. 



9. Apparatus according to claim 8, wherein the signal processing means includes means for subdividing the 
signals received from the second digital filtering means into groups representing symbols and for adjusting 
the position of the subdivision in response to the energy content of the groups so as to correct the subdi- 

25 vision of the signals into groups representing symbols. 

10. Apparatus according to claim 9 in which the sampling and digitizing means includes oscillator means for 
determining the instants of sampling the input signal, the oscillator means also operating the selecting 
means, wherein the frequency of oscillator means is adjustable in response to the energy content of the 

30 groups of signals representing symbols. 

11. Apparatus according to any one of the preceding claims, wherein all the digital signal handling means and 
the interconnections between them are provided by a suitably programmed microprocessor. 

35 12. Apparatus according to claim 8, 9 or 1 0, wherein all the digital signal handling means are provided by suit- 
able programmed microprocessor means having two separate processing units for respectively process- 
ing the two quadrature components with similar and co-operating programs, each of the processing units 
having access to storage registers of the other of the processing units. 



13. Apparatus according to claim 8, 9 or 12, wherein the input signal is a differential qadrature phase shift 
keying modulated signal. 

14. Apparatus according to claim 12, wherein the input signal includes a NICAM 728 signal. 

15. Apparatus according to claim 14 for demodulating an I system signal in which the coefficients of the I and 
45 Q channel matched filters are: 
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Apparatus according to claim 14 for demodulating a B or G system signal in which the coefficients of the 
I and Q channel matched filters are: 
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and the outputs of the matched fitters are applied to feedforward equalizers respectively for the I and Q 
channels having the coefficients: 

FFEI(O) = -52/256 FFEQ(O) = -52/256 
50 FFEI(1) = 1 FFEQ(1) = 1 

FFEI(2) = -52/256 FFEQ(2) = -52/256 

17. Signal processing apparatus substantially as described herein and as illustrated by the accompanying 
drawings. 

55 

18. A method of processing an input signal including 

repeatedly sampling the input signal and producing digital signals representing the samples, 
subjecting the digital signal to a first digital filtering, 
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regularly selecting from the filtered digital signals those representing one sample from each group 
off such signals representing a plurality off successive samples, 

subjecting the selected digital signals to a second digital filtering, and 
applying the digital signals after the second digital filtering to digital signal processing means, 
5 the characteristics of the first and second digital filtering in conjunction with the selection producing 

an overall filter characteristic passing a desired and of frequencies with a predetermined spectrum shap- 
ing. 

19. A method according to claim 18, wherein thecharacteristic of the first digital filtering has a peak in the de- 
10 sired frequency band and one or more troughs in respective freqency bands which overlie the desired fre- 

qency band as a result of the selection operation. 

20. A method according to claim 1 9, wherein the first digital filtering has the characteristic of a plurality of comb 
filters in cascade. 

15 21. A method according to claim 19 or claim 20, wherein the selecting is such that the digital signals repre- 
senting one sample are selected from each group of digital signals representing three samples. 

22. A method according to any one of claims 18 to 20, wherein the input signal includes representations of 
symbols produced at a second repetition rate and derived from samples taken from an original signal at 

20 a first repetition rate, the sampling rate applied to the input signal being a multiple of the first repetition 

rate and the selection being periodically modified so that the mean repetition rate of the selected digital 
output signals is a multiple off the second repetition rate. 

23. A method according to any one of claims 18 to 22, wherein the digital signal processing means operates 
25 to process periodically samples from the signals it receives and produces a pulse-width modulated output 

signal from the processed samples, the pulse-width modulated output signal being usable after smoothing 
as an automatic gain control signal for limiting the dynamic range of the input signal. 

24. A method according to claim 23, including producing an overload signal when the input signal reaches a 
30 maximum value that can be digitised, the overload signal being usable to modify the automatic gain control 

signal. 

25. A method according to any one of claims 18 to 24, wherein the input signal is a quadrature phase modulator 
signal and the digital signal processing means operates as a demodulator applying matched filters to the 

35 quadrature components of the signal and being responsive to the values of those components to adjust 

them so that the signal is in a reference phase. 

26. A method according to claim 25, wherein the signal processing means subdivides the signals it receives 
into groups representing symbols, adjusting the position of the subdivision in response to the energy con- 

^ tent of the groups. 

27. A method according to claim 26 wherein the frequency of an oscillation is adjusted in response to the en- 
ergy content of the groups, the oscillator determining the instants of sampling the input signal and the pos- 
ition of the subdivision into groups. 

45 28. A method according to claim 25, 26 or 27, wherein the input signal is a differential quadrature phase shift 
keying modulated signal. 

29. A method according to claim 28, wherein the input signal includes a NICAM 728 signal. 

so 30. A method according to claim 29 for demodulating an I system signal in which the coefficients of the I and 
Q channel matched fillers are: 
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A method according to claim 29 for demodulating 
I and Q channel matched filters are: 
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and the outputs of the matched filters are subjected to feedforward equalization respectively for the I and 
Q channels having the coefficients: 

FFEI(O) = -52/256 FFEQ(O) = -52/256 

FFEI{1) = 1FFEQ(1) = 1 

FFEI(2) = -52/256 FFEQ(2) = -52/256 

A method of processing a signal substantially as described herein and as illustrated by the accompanying 
drawings. 
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